Determining the direction of arrival (DOA) of a sound source is important in spatial audio signal processing, as it can lead to substantial improvement in noise reduction performance. Techniques such as generalized cross correlation with phase transform (GCC-PHAT) and adaptive eigenvalue decomposition (AED) perform optimally when the measurement microphones are fixed in place. However, hearing-aid microphones move with the listener?s head movements, which can result in momentarily inaccurate directional estimates and noise artifacts in the output signal. Techniques such as GCC-PHAT experience degraded short-term performance in the presence of multiple signals and noise. The system presented measures instantaneous head movement velocity using a micro-electromechanical systems (MEMS) gyroscope attached to binaurally-communicating hearing aids. Estimates of DOA for physically stationary sources are shifted based on the gyroscope's headmovement information. Using GCC-PHAT with gyroscopic input can produce robust in situ DOA estimates for several sources in reverberant environments. In addition, the gyroscope allows an adaptive beamformer to be steered to a target direction, compensating for head movements on a very short timescale during DOA estimation. Results show improved localization performance over a standard GCC-PHAT system during head movements.
INTRODUCTION
When listening in realistic situations, a listener's head moves [1] .Listener head movements convey non-verbal information to a speaker, reduce front-back confusions and improve sound-source elevation accuracy [2, 3] . Most spatial audio processing systems, such as hearing aids, perform optimally given time to adapt [4] . However, if a listener's head is constantly moving, the sound source will not be stationary relative to the hearing-aid microphones, which could result in reduced performance in real-world situations. This paper proposes a novel system, utilizing gyroscopic information to compensate DOA estimates for head movements and instantaneously steering a beamformer towards a target.
Time delay estimation (TDE) between signals from the same source arriving at two spatially-separated microphones can be used to estimate the direction of arrival (DOA) of a sound source. Several techniques exist for TDE, including generalized cross-correlation (GCC, explained in section 2) [5] , adaptive eigenvalue decomposition (AED) [6] and the dual-delay line algorithm [7] , based on the Jeffress model of localization. AED determines the DOA of a source by finding the minimum eigenvalue of the covariance matrix of the microphone signals. The eigenvalues describe the impulse responses between the sources and microphones, allowing the DOA to be determined. AED has been shown to perform well in reverberant environments, where the number of sources is less than or equal to the number of microphones [8] . However, when the number of sources is greater than the number of microphones (as is often the case for a hearing-aid system), AED's performance is reduced [9] . The dual delay line approach is also computationally complex and not robust in low SNR environments [7] . For these reasons, and due to its low computational complexity, GCC-PHAT was chosen as the basis for DOA estimation in the current system.
Multiple short-time estimates of DOA can be aggregated over a longer time scale to produce a histogram of possible source positions [10] . Using this technique, each estimate is placed into its respective histogram bin. At the end of one measurement frame, the histogram bin with the highest number of estimates is chosen as the strongest source. This has two advantages for static microphones when analyzing multiple sparse signals such as several talkers. Firstly, increasing the number of estimates reduces the effects of incorrect estimates on the final DOA. Secondly, the time for each estimate window can be reduced, which lowers the reliability of each estimate, but also increases the chance of obtaining an estimate for other sources during the silences in the strongest source. However, this cannot be used with similar success when the microphones move during the measurement frame, as in the case of hearing aids on a listener's head.
The development of micro-electromechanical system (MEMS) gyroscopes in recent years has made it possible for a new sensor modality to be included in spatial audio processing for hearing aids. These low-power devices report angular velocity in three-dimensional space. When mounted on a head-worn device, they can provide information about a hearing-aid user's head movements. Using gyroscopic information to stabilize the GCC-PHAT, we propose a gyroscopically-compensated system (GCS) that provides more robust DOA estimates across situs. The remainder of the paper is organised as follows. The GCC-PHAT algorithm is described, followed by the proposed system. A comparison will be made between GCC-PHAT and the proposed system for single sources, multiple sources in a reverberant room and single sources in diffuse noise. The use of the proposed system for instantaneous microphone null-steering will be described. Finally, future work will be discussed and conclusions made.
GCC-PHAT
GCC algorithm for TDE was first proposed in [5] and is a commonly-used technique for TDE in many audio applications. The most simple configuration of a single active source in an anechoic space recorded by two spatially-separated microphones can be described by,
(1)
where x 1 and x 2 are the source, s received at each microphone, n is the time-step and τ s is the relative time-delay of the source signal between the microphones.
The estimation of TDE using GCC is a frequency-domain technique for calculating τ s , defined as,
for frequencies k = 0, ..., N − 1, where N is the analysis window size and F −1 is the inverse fast Fourier transform (IFFT). X 1 and X 2 are frequency domain representation of the microphone signals and * is the complex conjugate. To calculate the delay, τ s , the maximum peak in the GCC function is selected,
The GCC can be made more robust to noise and reverberation by applying the phase transform (PHAT), setting all frequency magnitudes equal to 1, thus preserving phase,
Using an N-point Hanning window also improves the result. The current system also removed unwanted noise by applying a high-pass tenth-order Butterworth filter with a 150 Hz cut-off frequency, as the stimulus used was speech. Figure 1 shows a diagram of the GCS. The system uses two microphones mounted on either side of the head and a single head-mounted gyroscope as inputs. Short-time Fourier transforms (STFT) are taken every 40 ms (resulting in a DOA sample rate of 25 Hz) for x L (left side) and x R (right side), before applying the GCC-PHAT algorithm. The audio was recorded at 44.1 kHz sampling rate, before being downsampled to 16 kHz, similar to the sampling rate of modern hearing aids.
GYROSCOPICALLY-COMPENSATED GCC-PHAT
Due to the size of the head (approximately 16 cm diameter) and the sampling frequency of a modern hearing aid (16 kHz), the maximum delay that can be achieved for a sound at 90
• (the maximum distance between the microphones) is 10 samples, resulting in a range of -10 to +10 samples and a resolution of 9
• . To improve this resolution, the IFFT is oversampled by a ratio of 8-1. Experimental results showed that without the use of a head-propagation model, angles between 80 − 90 • resulted in no change in TDE. Thus the resolution of the current system is 1
It is acknowledged that a similar system implemented in a hearing aid may necessitate a lower oversampling ratio, due to computational cost. After oversampling, τ s is selected as the peak in the IFFT and converted to degrees to produce a DOA estimate. This estimate is then placed in the corresponding histogram bin and the process repeats for the next analysis window.
During each analysis window, the rotational velocity information measured by the gyroscope is used to determine the angle through which the head has rotated since the previous analysis window. The histogram of DOA estimates is rotated against the rotated angle, while the current DOA estimate is added to the histogram unchanged.
At the end of a measurement period (100 analysis windows in the current study), the peaks in the histogram correspond to the strongest sources active during the measurement frame. The rotated angle is reset to 0
• to prevent long-term inaccuracies in the gyroscope affecting the accuracy of the gyroscopic output and the histogram is also reset.
COMPARISON OF DOA ESTIMATION USING GCC-PHAT AND GCS
The performance of GCC-PHAT and GCS during movement of the head was compared for single sources in an sound damped room, multiple sources in a reverberant space and single sources in diffuse noise.
Experimental systems and stimuli
The GCS apparatus is comprised of two recording systems: acoustic and gyroscopic. To record acoustic information a pair of in-ear microphones (Sound Professionals MS-TFB-2) (x L and x R in figure 1 ) were connected to a 2-channel external soundcard (Zoom H4N) and a laptop running Matlab 2012a. To record head rotation, a triple-axis, digital-output gyroscope (InvenSense ITG-3200) was connected to a microcontroller (Arduino Uno R3) and Matlab via usb-serial. For calibration of the gyroscope, the gyroscope was attached to the head of a KEMAR manikin, mounted on a high-precision turntable (LinearX LT360EX). Knowledge of the rotational speed of the head-mounted gyroscope enabled the output of the gyroscope to be accurately converted to degrees/s. All tests were performed using the first author's head movements, taking care to account for the difference in head radius between KEMAR and the first author.
The tests comprised a single source in a sound damped room, four sources in reverberation and a single source in diffuse noise. Randomly selected, concatenated sentences from the IEEE York corpus were used for all test speech signals. The single source in a sound dampened room test was performed using a 0.9 m radius, 24-loudspeaker (one active speaker) ring, using one male talker, presented at 70 dBA. The four source test in reverberation was performed using 4 JBL Control 1 loudspeakers, at a distance of 2 m in a room with dimensions 6.5 x 5 x 3 m, reverberation time, RT 60 = 0.35s. Two male and two female talkers were used, presented at 70 dBA.The single source in diffuse noise test was performed in a sound dampened room using a 0.9 m radius, 24-loudspeaker ring, using one male talker. The diffuse noise was presented from 24 loudspeakers at a combined level of 60 dBA. The talker level was adjusted to give SNRs of 12, 9, 6, 3 and 0 dB. Figure 2 shows the output of the rotational plane of the gyroscope during a head movement of 30
Single source
• . It can be seen that the output of the gyroscope is smooth and accurate (after calibration) during the rotation. However, while the head is static, small perturbations result in positional drift. This issue is currently resolved by resetting the gyroscope output to 0
• at the beginning of each measurement frame, as the GCS requires only movement relative to the position at the end of each frame. figure 3(a) that the GCC-PHAT produces a widened output, resulting in an inaccurate DOA estimation at the end of the measurement frame. However, using the GCS, the head movement during the measurement frame can be compensated, resulting in an aggregation of correct DOA estimates during the head movement and a clear peak in the DOA histogram at 58
• in figure 3(b) , similar to the result that would be obtained with a static head and source at 60
• . of the measurement frame. Using the GCS, the head movement during the measurement frame can be compensated, resulting in an aggregation of correct DOA estimates during the head movement. All identified peaks are within 5
Multiple sources in reverberant room
• of the true value. In addition, the nature of the source signals (speech) and the short estimate windows used (20 ms) results in four peaks being identifiable. The use of many, short analysis windows to estimate DOA is valid on a head-mounted device if information from the gyroscope is included. Figure 5 shows the DOA histogram output for one source at 0dB SNR, during a −30 • head movement, beginning with the source at 30
Single source in diffuse noise
• and ending at 60
• . The GCC-PHAT and GCS were compared at 12, 9, 6, 3 and 0 dB SNR. The performance differences were similar to that observed in the single source tests, though the accuracy of the GCS reduced as the SNR reduced, as has been documented in other studies of GCC-PHAT-based systems [8] . Figure 5 compares the systems in the most onerous condition (0 dB SNR). It can be seen that the GCS system fails at this SNR, giving three possible DOAs (two of which are within 5
• of the true DOA) where only one exists. However, the equivalent GCC-PHAT histogram gives one DOA close to the starting point of the head turn (30 • ). Therefore, at failure, the GCC-PHAT system is producing a single 
ADAPTIVE NULL-STEERING USING GCS
Knowledge of head movements in relation to sound sources enables the null (minimum output) of a monaural adaptive directional microphone array (ADMA) [4] to be steered to the direction of a noise source, compensation for head movements.
ADMAs use a least mean squares (LMS) algorithm to vary the directional null of the array (assuming the noise source is in the rear hemifield), to find the lowest output power for the array. The original system requires a trade-off between the update speed of the LMS algorithm and its stability. If the adaptation is too slow, the null will be stable but slow to arrive at the optimal directionality. Conversely, if the adaptation is too fast, the null will be unstable and highly susceptible to changes in head angle or the auditory environment, introducing additional noise to the ADMA output. Figure 6 shows the left hearing-aid microphone responses at the beginning and end of a head movement similar to figure 2, where the noise source is first identified at 210
• . The microphone responses were plotted using hearing-aid microphone impulse responses taken from [11] . Using the GCS with the ADMA, the direction of the strongest noise source is identified by the GCS. The null of the ADMA can be instantly steered to the noise source. During the next GCS measurement frame, the null remains fixed on the previously identified noise source by steering the null against head motioon, using the gyroscopic information, as shown in figure  6 (b). This technique could be extended to other types of beamformer, to steer the largest lobe (highest output) towards a target signal.
Future improvements
The GCS could be improved by including a head-propagation model, as discussed in [8] . This would improve the accuracy of the DOA estimates > 60
• . The use of all three axes of rotation provided by the gyroscope would also improve the accuracy of the gyroscope and remove the need for extensive manual calibration.
The current GCS provides benefit over a standard GCC-PHAT technique only when the head is moving and the sources are not moving. The GCS could be engaged only when the magnitude of the head movements warrants it, potentially conserving the battery life of a hearing aid. Comparisons of the features (e.g. peak positions, gaussianity) between current and previous histograms could also provide information on the auditory scene and moving sources. A voice-activity detector may also be added to the system to prevent GCC-PHAT estimates when no sources are active.
CONCLUSION
The GCS uses a head-mounted gyroscope to provide information on the rotational head-movements of a user. These head movements are used to compensate the DOA estimates of a GCC-PHAT system. In single and multiple source tests, with and without reverberation, the GCS has been shown to provide an improved DOA estimate over a standard GCC-PHAT during head movements. Tests in diffuse noise have also shown that the GCS is more accurate during head-movements. Though it suffers from the same innaccuracies in increasing noise as the standard GCC-PHAT, the ability to aggregate more estimates over time partially mitigates these inaccuracies. The longer measurement time of the GCS also allows shorter, more unstable analysis windows to be used, enabling more than one source to be identified in the case of speech signals. A simulation of the use of the GCS as a guidance system for an ADMA has also been shown. This would enable instantaneous null-or lobe-steering based on previous DOA estimates and current head movements.
